Abstract. The article discusses the problem of estimating the psychophysiological state of aircraft pilots by their speech. For this purpose, a new concept of an individual speaker's transfer function is proposed. This definition is based on the classical results of automatic control theory. The article presents the algorithms for calculating transfer function and the examples of using this feature for medical purposes.
Statement of the problem
Today man-machine interfaces based on various physical principles are intensively developed in aviation [1] . For example, the main trends of audio interfaces' development are the 3D-audio (surround sound effect) and automatic speech recognition [2] , which are used for controlling onboard systems [3, 4] .
It is known, that operator's speech characteristics depend on outer conditions and his own psychophysical state. Estimation of these changes is the key task for improving man-machine interface. There is a number of articles, where this problem has been investigated. For example, the impact of aircraft overload on operator's speech characteristics is presented in [3] . The connection between the degree of operator's fatigue and parameters of his speech is described in [4] . This relation is based on the A. M. Lyapunov's theory of stability [5, 6] . The influence of the acoustic noises on the speech recognition performance score is analysed in papers [7, 8] . The speech recognition algorithm, resistant to the noise, correlated with the voice signal, is proposed in [8] . The paper [9] discusses the speech characteristics of pilots with hearing loss diagnosis. This problem is particularly relevant to the helicopter aviation pilots. All the above mentioned researches are held in order to improve speech recognition algorithms. But on the other side, speech characteristics may be used to estimate operator's psychophysical state and the influence of various factors on it.
Evidently, the principal changes in the speech signal occur in the frequency and time domains [2, 3 , 4, 8] . The analysis of these changes in absolute values is coupled with the problem of representing the information because, for example, the power of speech signal in different frequency ranges varies by decades of decibels [2, 7] . So, the analysis of speech characteristics' changes should be carried out not in absolute, but in relative terms. It means, that the speech signal should be compared with a relevant one, for example, with the speech of another operator, considered as a reference, or standard.
To form a reference it is possible to use the mean value for the group of speakers. Another way is to choose a speaker, whose pronunciation is very close to the norms of the literature language. In this paper the concept of the speech transfer function is proposed in order to analyze the changes of operator's speech characteristics.
The algorithm for calculation transfer function of the operator
Let us introduce the speech transfer function of the operator, that is similar to transfer function W(p), wellknown in the theory of automatic control [6] . This function is defined as the ratio of the Laplace transform of the input and output signals for zero initial conditions [6] .
We arrive at a transfer function W(f), which depends on the frequency f, Hz, applying to the Laplace variable p [6] the substitution p = j2Sf , where j -imaginary unit, that is j 2 = -1. For an arbitrary value of argument f function W(f) is a complex number containing information about the signal change in amplitude and phase on the frequency f. As it is known, an operator perceives the amplitude of a speech signal, while the phase information is ignored. So, we consider only the absolute value ( ) W f . Let us call it the speech transfer function of the operator in frequency domain. According to the Wiener-Khinchin theorem [6] , the following ratio holds for the absolute value of the speech transfer function ( ) ( ) ( )
where ( ), ( ) To form a practical algorithm for calculating estimates (1) let us use a parametrization algorithm, widely known in automatic speech recognition [2, 8] . According to this algorithm, the speech fragment, for example, a recorded word, is divided into t N time intervals (frames). The duration of each frame is 20 ... 40 ms. Then the Hann spectral window and fast Fourier transform are applied to each interval [2] .
After that an absolute value of the Fourier transform is calculated for each frame. Then the whole frequency range, limited by Nyquist frequency [6] , is divided into a predetermined number of bands f N = 20 ... 40, and the average absolute value (the square root of the spectral density's estimation) is calculated for each band, as it is necessary for the formula (1) . As a result, we obtain a matrix of the word's parametric portrait: { }; 1, ..., , 1, ..., ,
which dimension is f t N N u u ; each j-column describes the spectral content of the speech signal for the j-frame; each i-row describes a change in time of the mean absolute value of the signal components belonging to the i-frequency band.
It is known, that the error of the estimates, calculated by the formula (1), is considerable [2, 6] . To improve the accuracy of estimation we will increase the amount of data. We take M = 10 ... 30 realizations for each word and determine the matrix of the mean parametric portrait
where X -matrix of dimension f t N N u of the operator's mean parametric portrait. The above mentioned parametrization algorithm is a standard procedure of the speech recognition theory [2, 8] . When analyzing the general change in the spectral properties of speech, the time domain quantification is not necessary, because we do not need to take into account the features of sounds or syllables. So let us calculate the mean over all time intervals, i.e., over elements of the matrix's X rows, and obtain the vector а of the mean amplitudes of the frequency components, belonging to the i-frequency band
where ij x -the elements of the mean parametric portrait matrix (3). In order to find estimates of the transfer function between two speakers it is necessary to calculate matrices 1 X and 2 X , vectors а 1 and а 2 for each frequency band and for each speaker's speech data. Then the formula (1) is to be applied. (5) where i f -frequency corresponding to the middle of the 
The results of estimation will be improved, if the word is preliminarily divided into few parts in accordance with the algorithm [10] .
Speakers in noisy conditions
Let us consider the applications of speech transfer functions in order to study the effects of noise on the speaker's speech. For this purpose the following experiment has been carried out. The noise recorded in the cockpit during the flight was fed only into the speaker's headphones, so as not to interfere with the record of the speaker's words. The registration frequency was 22 kHz. During the experiment audio data was recorded in three conditions: without noise; with noise in headphones 80 and 90 dB. Figure 1 shows plots of the speech transfer function for three speakers in noisy conditions (80 and 90 dB in the headphones). Transfer functions were calculated for the same speaker and the record without noise was taken as a reference.
The analysis of results shows that the impact of 80 dB noise causes a significant increase in the amplitude over the entire frequency range, with the largest rise in the range 1 ... 4 kHz, followed by decline in the range of high frequencies 4 ... 11 kHz. The maximum increase in amplitude is: for the first speaker 9 ... 10 dB with a decline to 3 ... 4 dB at high frequencies (figure 1a); second speaker 5.0 ... 6.5 dB with a decline to 3.5 ... 4.5 dB (figure 1b); third 4.5 ... 5.5 dB with a decline to 2.5 ... 
Speech transfer function in medical applications
Let us consider the use of the proposed function for investigating the speech of helicopter pilots with hearing loss diagnosis. A speaker without diseases of hearing and speech was chosen as a reference. Figure 2 shows plots of the speech transfer function for three speakers with a diagnosis of hearing loss with respect to the speaker without diseases of hearing and speech. The plots show transfer function estimates calculated from records of the russian words "пилотаж", "масштаб", "навигация", corresponding to such english words as "pilotage", "scale", "navigation", and the mean ("среднее") between them.
Plots have obvious individual characteristics, but the common feature is the wide variation of values, which makes approximately ± 6 dB ( figure 2a, b) , and ± 20 dB (figure 2c).
The final experiment, which is to be discussed in this paper, is related to means for correcting teeth. Speech data of the speaker before installing corrective means was chosen as a reference. Then speech transfer function was calculated before and after installation of these means. Obtained results are presented in figure 3 . This figure shows the significant changes in speech for the frequencies above 6 kHz. 
Conclusion
In this paper we introduced the concept of speaker's speech transfer function in frequency domain in order to analyze the changes in speech characteristics and the influence of the outer conditions and psychophysical state of the speaker. The paper proposes the algorithm for calculating the estimates of speech transfer function, using experimental data. Some applications of the proposed function are also presented.
